Introduction
As implied by the word "Cooperative Diversity (CD)," mobile users in a multi-user environment can share their antennas in a manner that creates a virtual Multiple-Input Multiple-Output (MIMO) system, which can be conceptually viewed as a multichannel transmission environment in the network layer, to achieve individual or common purposes of those users. By employing CD for transmissions, the quality and reliability of users' data in wireless networks can thus be improved, mainly owning to the reason that the effect of wireless channel fading can be reduced. In this chapter, we aim to introduce existing representative retransmission schemes under various environments and further present a novel packet retransmission scheme for Quality-of-Service (QoS)-constrained applications in a general CD environment.
Transmit diversity of MIMO systems is an important technique which can bring significant gain to wireless systems with multiple transmit antennas. This technique is clearly advantageous to be employed on a cellular base station; however, it may not be practical for other scenarios. To be more specific, due to size, cost, or hardware limitations, small handsets/cellular phones may not be able to support certain types of multiple transmit antennas. For example, the size of an antenna must be several times the wavelength of the carrier frequency. Therefore, the use of multiple antennas is not an attractive way to achieve the transmit/receiving diversity in small handsets/cellular phones. To overcome such a naturally fundamental problem, CD is in nature an effective strategy to allow a singleantenna mobile device to achieve the benefit of MIMO systems with the help of cooperative mobile devices.
CD, which is a form of spatial diversity, is through cooperating users' (usually called partners) relaying signals to the destination. This technique is achieved without the use of additional antennas of any user. That is to say, the antennas of the sender and partners together form a multiple-transmit antenna situation. Basically, the relay mechanism can be decode-and-forward or amplify-and-forward. Moreover, CD is an emerging and powerful technique that can mitigate fading and improve robustness to interference in wireless environments. Thus, CD becomes a promising candidate for emulating MIMO systems.
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Recently, many research groups have turned their attention to the CD-related topics. Individual aspects of these problems have been considered, for example, in various papers [1] [2] [3] [4] . In [1] , Mahinthan et al. proposed a Quadrature Signaling (QS) mechanism in the CD system for transmissions. CD transmissions considering issues related to power allocation algorithms were explored by Mahinthan et al. in [2] [3] . In [4] , Chen et al. exploited that the use of space-time block coding in the multi-user CD to improve the performance of the transmission in wireless local area networks. Other abounding literature survey and investigation regarding the issue related to CD including principles and applications can be referred to Ray Liu et al. in [5] and Fitzek et al. in [6] , respectively. Recently, a simple method to evaluate the performance of complex networks under CD using sampling property of a delta function was proposed by Jang in [7] .
However, because of fundamental physical characteristics of wireless channels, data packets often cannot be delivered to the destination successfully. As a result, the design focusing on the efficient retransmission scheme under such a CD environment still plays a highly crucial role. Due to the evolution of the communication technology, most packet retransmission schemes under CD in literatures were based on the rich results from those retransmission schemes on point-to-point transmissions. Thus, we will first provide an overview of retransmission schemes on point-to-point transmissions, and then, investigate the issue on the retransmission scheme under the CD environment.
While there have been many papers exploring various retransmission schemes in the CD environment, there were no elaborations on the issue considering the time constraint for delay-sensitive services. Consequently, in such a CD environment their throughput formulas did not reflect the effective throughput (goodput) that must satisfy the typical delay constraints of streaming-type or real-time multimedia flows. Motivated by the above point, we therefore pay our attention to design a novel fast packet retransmission scheme to be employed in a general CD environment for delay-sensitive flows as a case study.
The rest of this chapter is organized as follows. A survey of various retransmission schemes is included in Section 2. Next, Section 3 proposes a novel fast packet retransmission scheme in a general CD environment for delay-sensitive applications as a case study. Section 4 makes a summary of this chapter and suggests the future work of interest. Finally, the list of references is provided in the end.
A survey of various retransmission schemes
The traditional retransmission scheme designed to combat the loss of transmission data for single-radio single-channel environments was first introduced by Lin et al. in [8] . Thanks to the advances of multi-band radio technologies, for many broadband wireless systems and short range communication networks, there may be many communication channels available to use. Consequently, it is natural to arrange the link layer packets to be transmitted over multiple channels to boost bandwidth. Issues regarding how to design and analyze the multi-channel transmission scheme s h a v e r e c e n t l y b e c o m e a n i m p o r t a n t research direction. A vast amount of research groups have thus started to pay attention to related topics. Individual aspects of these problems have been separately considered in many related papers [9] [10] [11] [12] [13] [14] [15] [16] [17] [18] . Most literatures in this area can be conceptually categorized intoand the other direction is the multi-radio multi-channel transmission discussed in [12] [13] [14] [15] [16] [17] [18] . Meanwhile, for the single-radio single-channel cases, the performance results of the Automatic-Repeat-reQuest (ARQ) retransmission schemes based on Markov analysis were available in [19] [20] [21] [22] , and optimized in both the power and the packet drop probability aspects respectively were recently studied in [23] . These studies [9] [10] [11] [12] [13] [14] [15] [16] [17] [18] [19] [20] [21] [22] [23] together provide a basis for the analysis and comparison of the multi-channel transmission. Furthermore, various kinds of ARQ and Hybrid ARQ schemes designed to be employed for CD environments were explored in [24] [25] [26] [27] . The design approaches of these related research works are elaborated as follows.
In [9] , a protocol was proposed to enable hosts to utilize multiple channels by switching channels dynamically, and their simulation showed that the effective throughput was improved, especially when the network was highly congested. Centralized and distributed algorithms to perform efficient channel assignments in component-based approach were proposed and implemented in [10] . A joint multi-channel and multi-path control protocol was proposed in [11] , where it combined multi-channel link layer with multi-path routing, and simulations showed that the scheme can improve the throughput significantly.
The uses of switchable interfaces and multi-channel routing were proposed in [12] , and simulation results showed that the throughput in a wireless ad hoc network can be improved. In [13] , a hybrid channel assignment scheme was modeled into an integer linear programming formulation, and an approximation method for simplification was also studied. In the ad hoc network related areas, [14] maximized the network throughput subject to fairness requirements using the proposed wireless network coding schemes for a variety of multi-radio multi-channel environments with different routing strategies.
Several works focusing on the ARQ schemes in multi-radio multi-channel transmissions have been discussed in [15] [16] [17] [18] . Formulas of the link layer throughput for the Stop-and-Wait (SW), the Go-Back-N (GBN) or the Selective-Repeat (SR) schemes were derived under different assumptions of channel characteristics. The multi-channel SR ARQ scheme in [15] assumed equal transmission rate and allowed the transmitter dynamically to assign the retransmission link packet to the channel using the link packet error probability as the selection criterion, and retransmissions can continue till its success. In [16] , both throughput and delay performances of the multi-channel SW, GBN, and SR ARQ schemes were investigated and validated via simulations, while all channels were assumed statistically independent and identical. Throughput analysis of the multi-channel SW, GBN, and SR ARQ schemes were generalized in [17] , where the generalization took the form of packet-tochannel assignment rules, and radio channels can be with different transmission rates and different link packet error probabilities. Two fast ARQ/HARQ packet retransmission schemes have been proposed to transport delay-sensitive flows in a multi-radio multichannel environment in [18] , where they can incorporate various retransmission policies, which are adjusted by the channel signal-to noise ratio (SNR) and the APDU size.
Closed form equations of the service data unit delay under the SR ARQ scheme were successfully derived and validated via simulation in [19] . An exact Markov model proposed to evaluate the delay statistics of the link packet for the SR ARQ scheme was available in [20] . The queueing models using dynamic link adaptation for the GBN and the SR ARQ schemes were formulated in [21] , where the exact queue length and the delay statistics were www.intechopen.com obtained. For HARQ schemes, a Markov model was presented to analyze the SR truncated type II HARQ scheme employing Reed Solomon linear erasure block codes in [22] , where the link packet throughput, error probability, and delay performance were analyzed. In [23] , a suboptimal root-finding solution was developed to solve the exhaustive search for the optimization problem formulated based on the incremental-redundancy HARQ scheme.
The delay performance of several truncated ARQ and HARQ schemes in a CD environment under the assumption of Poisson arriving packets were evaluated in detail by Boujemâa in [24] . An analytical model to quantify end-to-end performances for a CD ARQ scheme in a cluster-based multi-hop wireless network was proposed by Le et al. in [25] . Markov models developed to evaluate the CD system were also investigated by Mahinthan et al. in [26] and by Issariyakul et al. in [27] , respectively.
While papers [24] [25] [26] [27] have widely explored various ARQ/HARQ schemes in the CD environments, the issues regarding time constraints for delay-sensitive flows were not addressed and elaborated on. Therefore, their throughput formulas did not reflect the effective throughput that must satisfy the typical delay constraints of streaming-type or realtime multimedia flows in such an environment.
Due to the aforementioned reasons, we herein propose a novel fast packet retransmission scheme, where a new approach of retransmission strategy is designed and appropriately combines the encoding/decoding mechanism presented in [18] , in such a CD environment for delay-sensitive flows as a case study. In the proposed scheme, there are 2 retransmission policies that can be employed adaptively according to both the channel quality and the Application layer Protocol Data Unit (APDU) size. The retransmission is designed to be allowed only one time. Here, APDU flows in the sender are further assumed to always have a link packet ready for transmission. As a result, it is not much meaningful to analyze the packet delay involving the queueing analysis. In this paper, we only focus on the complete throughput analysis to gain the main insight of optimizing the number of channels for retransmission between the 2 proposed retransmission policies under such the CD environment. All of the derived formulas are then verified via simulations. The effective throughput of our proposed scheme is shown better than that of other CD retransmission schemes (such as [26] ) and non-CD retransmission schemes.
Case study:
On the effective throughput gain of cooperative diversity with a fast retransmission scheme for delay-sensitive flows [33] [34] 3.1 System description
Cooperative diversity system
A general CD system model composing of a sender, a partner, and a receiver is considered, as shown in Fig. 1 , where two cooperative users (i.e., sender and partner) transmit their information to the same destination (i.e., receiver). It is assumed that each user' device in this system only has one radio transceiver. Additionally, Orthogonal Frequency Division Multiplexing (OFDM) is employed as the underlying transmission technique.
In the present system, channels among sender, partner and receiver are modeled as nonidentical but independent Nakagami-m slow-fading channels corrupted by additive white Gaussian noise. The fading channels and the noise are assumed to be independent of each other. Generally speaking, for the transmission of flows of the sender, application layer flows are composed of APDUs. We assume that an APDU consists of s link packets. Each link packet will be encoded (described in detail in Section 3.1.3) in sequence for transmission. Here, APDU flows in the sender are assumed to always have a link packet ready for transmission.
For the convenience of the following analysis, channels that between sender and destination, between sender and partner, and between partner and destination are denoted as channel-j, j=1,2,3, respectively.
Last, but not least, we herein choose to employ only 1 partner for study since the significant improvement of the overall system performance with CD is usually owing to the contribution of the best partner [3] .
Principles of fast retransmission strategy
The design philosophy of the retransmission strategy is to improve the application layer throughput while the effective control of the transmission delay is also assured. We assume that the underlying coding scheme is HARQ and that if a packet is retransmitted, then only its complementary packet is sent.
The packet retransmission strategy can be described via the following 4 principles:

A link packet will be duplicated a copy in the sender buffer before its first transmission. When the sender begins to transmit this link packet, it will be broadcasted to the receiver and the partner.  When an original link packet is transmitted to the receiver, an acknowledgment (ACK) or Negative ACK (NACK) packet (assumed error-free) will be sent to both the sender and the partner.  There are 2 retransmission policies designed for the retransmission, indexed as policy_k: for k=0, 1. If a NACK is received, a complementary link packet will be retransmitted only one time via the partner (indexed as policy_0) or via both the sender and the partner (indexed as policy_1). 
The best retransmission policy is selected based upon both the APDU length and the expected long term link packet error probability among sender, partner and receiver, using the average application throughput as the performance objective. Under different APDU sizes and different link packet error probabilities, the corresponding best retransmission policy can be different.
Since an OFDM system is assumed, we assume each channel only uses a subset of OFDM subchannels. For the above retransmission strategy, note that both channel-1 and channel-2 www.intechopen.com are with orthogonal subchannel set 1, while channel-3 is with orthogonal subchannel set 2.
The intersection of subchannel set 1 and set 2 is arranged to be an empty set; therefore, for the receiver, the signals from channel-1 and channel-3 will not interfere with each other.
Typical retransmission operations under policy_0 and policy_1 are illustrated in Fig. 2 and Fig. 3 , respectively. Also, we assume that the delay threshold of the considered delaysensitive APDU is set equal to the maximum of maximum delays for 2 policies. Notice that in this model the terminology delay only indicates the air-transmission delay component for the APDU under the proposed retransmission principle. 
Cooperative diversity with fast HARQ scheme
Two codes, a block code C 0 and a convolutional code C 1 , are together used as the coding mechanism employed in each user (see [29] , [36] Vx , () , will be further generated based on the Maximal Ratio Combining (MRC) (see [31] for more details) technique via i Vx ()  and i Vx ()   . The syndrome of the new codeword is checked in the same concept of the two-step decoding procedure. If the result is successful, the estimated information sequence will be delivered to the receiving buffer; otherwise, it is discarded and the retransmission for this link packet is stopped.
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Throughput analysis
Performances of the application layer throughput for the present scheme will be first analyzed in detail in this Section. It is assumed that the time axis is partitioned into equal size slot. In each time slot, it is separated into two parts. That is to say, the main part of a time slot is used for link packets transmissions and the rest of the time slot is reserved for ACK/NACK packets transmissions. Here, the SNR is assumed staying constant in a time slot. In addition, the M-ary,
where b is even, the Quadrature Amplitude Modulation (QAM) scheme is assumed in the OFDM subchannels of the proposed model.
Link packet error probability
For M-ary QAM in Nakagami-m slow-fading channels, the average BERs for channel-j, j=1,2,3, denoted as j  , can be derived by 
Furthermore, the average link packet error probability after the Viterbi decoding conditional on the event that both i Vx ()  and i Vx ()  are corrupted, denoted as f P ,0 , can be approximately by (see eq. (28) in [29] )
where b p is the corresponding bit error probability obtained via the Viterbi decoding. As shown in [29] , b p is bounded by
where '  , the upper bound of the conditional BERs given that the two-step (mentioned in Section 3.1.3) decoding syndromes in channel-1 and channel-3 are non-zero, is given by
and T(X,Y) is the generating function of the convolutional code. In addition, f P ,1 , the average link packet error probability after the Viterbi decoding conditional on the event that both i Vx ()  and i Vx ()   are corrupted, can be given by (4)- (6)    , which is the conditional BER given that the two-step decoding syndrome in channel-1 is non-zero.
Last, but not least, the average link packet error probability after the MRC decoding, under policy_1, denoted as mrc P , can be given by
where b  is the instantaneous SNR per bit at the output of the MRC decoder, for M-ary QAM after the MRC decoding. According to [28] , [30] , 
Throughput
For the fast HARQ scheme with policy_0, the application layer throughput in APDU/slot, denoted as T 0 , can be derived as s ee e e e f TP P P P P P s
where s 1/ represents the average number of the APDUs transported per slot, and the second term indicated the success probability of an APDU transmission.
Next, for the fast HARQ scheme with policy_1, the application layer throughput in APDU/slot, denoted as T 1 , can be derived as s ee f e e e f fm r c TP P P P P P P P P s 22 1 1 , 2 ,, 1 1 , 2 ,3 ,, 0 , 1
www.intechopen.com where s /  represents the average number of the APDUs transported per slot, and similar to the concept in (8), the second term means the success probability of an APDU transmission. In (9), mrc P is the average link packet error probability after the MRC decoding conditional on i Vx ()  and i Vx ()   all found failed. Since mrc P is the unconditional probability of a link packet error after the MRC decoding and the result will be correct after the MRC decoding as long as there is at least a link packet that is correct, mrc P can be derived as mrc mrc e e e PP P P P
by the definition of conditional probability [35] . Moreover,  in (9) can be obtained via the equality
since the average number of retransmission link packets generated per slot should equal the average number of retransmission completed, after normalization.
Last, but not least, for delay-sensitive flows, the maximum air-transmission delay of an APDU allowed is usually subject to a specific QoS requirement. In this case, based on the similar derivation and argument in [18] , one can appropriately tune the key parameter, namely, s, in the system to achieve the highest effective throughput under a given delay constraint.
Analytical and simulation results
In this section, the considered CD environment with a sender, a partner, and a receiver remains the same as shown in Fig. 1 . We assume that an APDU is composed of 5 link packets. A 16 QAM modulation scheme is adopted. The coding mechanism is referred to Section 3.1.3. Also, we set r 6  bytes, c 9  , and n 257  bytes. The ACK/NACK packet size for ARQ related schemes is set equal to 25 bytes and for HARQ related schemes is set equal to 26 bytes. The link speed is set equal to 10Mbps. Besides, excluding the errorcorrecting codes, the ratio of the additional header overhead associated with the lower layer protocols from the application one is set equal to 0.04.
First, we will evaluate and compare the performance results among all schemes to see main potential insights of our proposed scheme by considering the ideal case that the channel between the sender and the partner is error-free. Next, we further investigate the impact on the system performance when there is an error probability on the channel between the sender and the partner.
With an error-free channel-2
For the fast retransmission scheme, based on (8)- (9), analytical results of application throughputs under 1  , with e P 3, 0.9  and e P 3, 0.1  , in the Nakagami-3 slow-fading environment, are depicted in Fig. 4 and Fig. 5, respectively. In Fig. 4 , it can be found that if , it can be achieved by parallel retransmissions via 2 channels (via both sender and partner). However, in Fig. 5, it is seen www.intechopen.com that the throughput of policy_0 is always better than that of policy_1. Because the average link packet error probability of channel-3 is small, the retransmission of duplicated link packet on channel-1 via policy_1 will waste bandwidth. Fig. 4 . Application throughputs under typical 1  with e P 3, 0.9  under a fast HARQ scheme. In what follows, we compare the throughput of our proposed scheme with that of the previous work [26] and non-CD HARQ scheme under 1  , with 3 3 10    in Nakagami-3 slow-fading channels, as shown in Fig. 6 . Notice that in Fig. 6 , the CD with optimized fast HARQ scheme represents the case that the retransmission policy is adaptively adjusted to be optimal on the basis of the channel quality in the CD environment. For a fair comparison among all schemes, all throughput results are in bit/second, and other 2 schemes are modified to allow only 1 retransmission and time slots for those discarded retransmissions are then used for new transmissions. Notice due to this modification, their throughput formulas are modified versions of (9) with the unused parameters removed. In details, one should set f P ,1 1  and replace the parameter n in (3) by n-(c-1) for the scheme in [26] , and set e P 2, 1  for the non-CD HARQ scheme. With the help of Fig. 6 , it can be found that better performance is achieved by the optimized fast HARQ scheme except when 1  is extremely small due to the additional overhead of the HARQ. Notice that, generally speaking, BER=0.001 is fairly high (in our parameter setting, which is about equal to the packet error rate =0.9 when without employing any error correcting mechanism), that is to say, the channel condition is extremely bad. Here, the reasons for setting channel-3's BER=0.001 are explained as follows. Although the sender would like to select the neighboring partner having good channel condition for helping transmission, in the worst case when the partner is far away from the receiver and both of them are at the edge of a cell such that the channel-3's condition degrades. In this case, with the validation of analytical and simulation results, the performance result of our scheme is much better than that of other schemes. It means our scheme is very powerful. Thus, it can be easily www.intechopen.com reasoned that when channel-3's BER decreases, our scheme still remains the best although the performance results for these schemes will all be improved. as an example, effective throughput performances of these schemes under different Nakagami-m, m=1/2, 1, 3, slow-fading channels in the CD environment are compared, as listed in Table 1 . From Table 1 , both analytical results based on (8)- (9) and simulation results show that the optimized fast HARQ scheme always achieves better throughput performance than other schemes since the optimized fast HARQ scheme can adaptively adjust the retransmission policy according to the channel quality. Again in Table 1 , it is found that the analytical results are slightly lower than the simulation ones for both the optimized fast HARQ scheme and the non-CD HARQ scheme since the Viterbi decoding mechanism via (5) is employed for them. Note that the upper bound in (5) is tight and can be regarded as an excellent approximation when the BER is lower than 2 
10
 [36] . 
With a non-error-free channel-2
Due to the fundamental physical characteristics of wireless channels, there often exists an error probability for each transmission channel in the real-world environment. However, in order to take the advantage of CD, the sender usually selects the neighboring partner having good channel condition between them. Thus, we herein set It is found in Fig. 7 that the performance of the optimized fast HARQ scheme obviously degrades when the BER of channel-1 is smaller than 3 31 0   when compared with that in Fig. 6 . Because there exists an error probability on channel-2 and policy_0 only uses the cooperative path (i.e., channel-2 together with channel-3) for retransmissions, the power of policy_0 decreases. However, the throughput result of the optimized fast HARQ scheme in Fig. 7 is also shown better than that of the other 2 schemes. In addition, it can be observed www.intechopen.com , the performance results of the first 2 good schemes are almost the same as those in Fig. 6 due to the fact that MRC is much powerful. Fig. 7 . Application layer throughput (in bit/sec.) comparison among various schemes under Nakagami-3 slow-fading channels when channel-2 is not error-free.
Last, for completeness, we take , as an example, to illustrate the effective throughput results for various schemes under different Nakagami-m, m=1/2, 1, 3, slow-fading channels, and summarize the results in Table 2. From Table 2 , it can be found that both analytical results based on (8)- (9) and simulation results of the optimized fast HARQ scheme also always have better throughput results than those of other schemes as in Table1. The results of the non-CD HARQ scheme for both Table 1 and Table 2 are the same since its performance only depends on channel-1's BER. We also notice that throughput improvement of our scheme is significant even with 4 2 10    in the sender-topartner channel.
In summary, based on Figs. 6 and 7 and Tables 1 and 2 , we can thus conclude that the fast HARQ scheme is an excellent approach for transporting delay-constrained streaming-type or real-time multimedia flows in CD environments even when there is an error probability on the cooperative path. It is for the reasons that the retransmission strategy can be adaptively adjusted according to the channel condition and that the decoding procedure involving MRC and the Viterbi decoding are appropriately designed.
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Conclusions
A fast HARQ packet retransmission scheme has been successfully proposed to transport delay-sensitive flows in a general CD environment. The presented scheme incorporates 2 retransmission policies, and these 2 policies can be selected adaptively by the channel SNRs and the APDU sizes. In ideal conditions, the best retransmission policy can always be selected to achieve optimized performance.
In this case study, our cooperative fast retransmission scheme has been shown to be an excellent approach for improving the effective throughput in transporting delay-sensitive flows in CD environments. Numerical results verified via simulations, show that when optimized, the proposed scheme can achieve effective throughput much better than that of other ARQ schemes (such as [26] ) and non-CD HARQ schemes, especially when the senderto-partner channel condition is good. The performance improvement is still significant even when there is an error probability (e.g. BER < 10 -4 ) in the sender-to-partner channel. Moreover, in the aspect of the battery saving, the presented scheme should save much more power than that of other schemes due to the one-time retransmission design. It is thus concluded that the proposed fast HARQ retransmission scheme is an excellent ARQ candidate for the multimedia or real-time transport in CD environments, when the timeconstraint is imposed.
Summaries and future works
The issues of improving fast retransmission schemes under CD environments can be essential to many delay-sensitive applications. This chapter has widely covered the conceptual description of many representative retransmission schemes under various environments and presented a novel fast packet retransmission scheme intended for effectively transporting delay-sensitive flows in a general CD environment. The presented retransmission scheme and other related works should have provided a sufficient collection of schemes and analysis methodologies for designing further wireless communication systems with similar requirements.
Furthermore, due to the fact that in most practical scenarios the terminals are batterypowered, the design of the energy-efficiency transmission satisfying the respectively specific QoS requirements of these users in the network is very crucial to prolonging the battery life of these terminals. Consequently, the issue concerning the energy consumption has been increasingly paid much attention. We suggest incorporating such a concern with the present work to design an efficiently power-saving fast packet retransmission scheme in a general CD environment for delay-sensitive flows in the future. Additionally, the well design of an efficient retransmission scheme to be employed in such a CD environment simultaneously considering the issue of effective throughput, QoS, fairness, complexity, and power saving is still an open issue for research.
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